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BACKGROUND OF THE INVENTION 

1, FIELD OF THE INVENTION? 

The present invention relates to a coding device and 
a coding method for changing a bit rate of a coded signal, 
a program for realizing coding processing and a program 
recording medium having such a program recorded thereon- 

2. DESCRIPTION OP THE RELATED ART: 

In general, video and audio information transmitted 
by television program broadcasting or the like is recorded 
on a tape medixro such as a videotape. Recording modes bf 
recording video and audio information on such a videotape 
includes a standard mode and a long mode* Compared to the 
standard mode, the long mode allows video and audio signals 
to be recorded on a tape having the same length for a longer 
period of time. In order to realize recording for such a 
long period of time in the long mode, the video signal is 
partially deleted so as to shorten the length of a tape 
required for recording video information for a vmit of time. 

In recent years , a specific technology for realizing 
digital satellite broadcasting has been developed. The 
video and audio signals used for such broadcasting have been 
decided to be transmitted in. the form of digitally- coded 
signals. In the digital satellite broadcasting, the niimber 
of channels for transmitting audio signals is set to 
5.1 channels and a maximum transfer rate of 320 kbps is 
standardized. 

An amount of video and audio signals transmitted in 
the digital satellite broadcasting is greater than that of 
video and audio signals transmitted in conventional 
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television program broadcasting. This requires a higher 
density recording mediuin as a recording medium for recording 
the video and audio signals thereon, and a recording 
technology using a DVD-RAM, which is an optical disc medium^ 
has been developed. However, a total recording capacity of 
a recording medium such as an optical disc is fixed. 
Therefore, in order to have a longer period of recording 
in the recording medium with a fixed recording capacity, 
it is desirable that information included in a coded signal 
is recorded on a recording medium such that a quantity of 
the inf OCTiation recorded is less than that of the information 
at the time of transmission. 

SUMMARY OF THE INVENTION 

According to one aspect of the present invention, 
there is provided a coding device including: a decoder for 
decoding a first stream signal in which a first video stream 
including a first video stream information generated by 
coding a first video signal and a first audio stream 
including a first audio stream Information generated by 
coding a first audio signal are multiplexed; and a re -encoder 
for generating, based on the decoded first stream signal^ 
a second video stream including a second video stream 
Information having a bit rate lower than the first video 
stream information and a second audio stream including a 
second audio stream information having a bit rate lower than 
the first audio stream information, and multiplexing the 
second video stream and the second audio stream to generate 
a second stream signal. 

In one embodiment of the invention, the first audio 
stream information is obtained by performing a time- 
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frequency conversion on the first audio signal Into a 
frequency domain signal to quantize the frequency domain 
signal; the re-encoder calculates p.sychoacoustic model 
information indicating frequency bands of the first audio 
signal masked by auditory characteristics; and the re- 
encoder converts, based on the psychoacoustlc model 
information, the first audio stream information into the 
second audio stream information having a bit rate lower than 
the first audio stream information to generate the second 
audio stream . 

In one embodiment of the invention, tUe quantization 
of the frequency domain signal is performed to indicate 
frequency spectrums for respective frequency bands of the 
frequency domain signal by mantissa parts and exponent 
parts? each of the exponent parts is a scale factor of each 
of the frequency spectrums for the respective frequency 
bands; the re -encoder calculate© the psychoaooustic model 
information based on the scale factors of the frequency 
spectnams for the respective frequency bands included in 
the quantized frequency information; and the re-encoder 
converts the first audio stream information into the second 
audio stream information having a bit rate lower than the 
first audio stream information by reallocating, based on 
the psychoacoustic model information, the number of bits 
allocated to the mantissa parts • 

In one embodiment of the invention, the quantization 
of the frequency domain signal is performed to indicate 
frequency spectrums for respective frequency bands of the 
frequency domain signal by mantissa parts and exponent 
parts; each of the exponent parts is a scale factor of each 
of the frequency spectrxams for the respective frequency 
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bands; the re- encoder calculates the psychoacoustlc model 
information based on deguantlzed frequency spectrvims for 
the respective frequency bands generated by dequantizing 
the first audio stream information? and the re-encoder 
converts the first audio stream information into the second 
audio stream information having a bit rate lower than the 
first audio stream information by reallocating, based on 
the psychoacoustlc model information, the ntunber of bits 
allocated to the mantissa parts • 

In one embodiment of the invention^ when performing 
dowmnlx processing so as to reduce the number of channels 
of the second audio stream to less than the number of channels 
of the first audio stream, the re-encoder calculates the 
psychoacoustic model information based on dequantized 
frequency spectrums for the respective frequency bands on 
which downmix processing has been performed. 

In one embodiment of the invention, the coding 
device further includes: a receiving section for receiving 
the first stream signal, a control section for indicating 
to the re- encoder section bit rates of the second video 
stream information and the second audio stream information, 
and a recording section for recording the second stream 
signal on a recording medium - 

According to another aspect of the present invention , 
there is provided a coding method including: a first step 
of decoding a first stream signal in which a first video 
stream including a first video stream information generated 
by coding a first video signal and a first audio stream 
including a first audio stream information generated by 
coding a first audio signal are multiplexed; and a second 
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step of generating, based on the decoded first stream signal, 
a second video stream including a second video stream 
information having a bit rate lower than the first video 
stream information and a second audio stream Including a 
second audio stream information having a bit rate lower than 
the first audio stream information, and multiplexing the 
second video stream and the second audio stream to generate 
a second stream signal, wherein the first audio stream 
information is obtained by performing a time- frequency 
conversion on the first audio signal into a frequency domain 
signal to quantize the frequency domain signal, and the 
second step includes: a third step of calculating 
psychoacoustlo model information indicating frequency 
bands of the first audio signal masked by auditory 
characteristics; and a fourth step of converting, based on 
the psychoacoustic model information, the first audio stream 
information into the second audio stream information having 
a bit rate lower than the first audio stream information 
to generate the second audio stream • 

In one embodiment of the invention, the quantization 
of the frequency domain signal is performed to Indicate 
frequency spectrums for respective frequency bands of the 
frequency domain signal by mantissa parts and exponent 
parts; each of the exponent parts is a scale factor of each 
of the frequency spectrvmis for the respective frequency 
bands? the third step calculates the psychoacoustic model 
information based on the scale factors of the frequency 
spectrums for the respective frequency bands included in 
quantized information; and the fourth step converts the 
first audio stream information into the second audio stream 
information having a bit rate lower than the first audio 
stream information by reallocating, based on the 
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psychoacoustlc model information, the nvmiber of bits 
allocated to. the mantissa parts. 

In one embodiment of the invention, the quantization 
of the frequency domain signal is performed to indicate 
frequency speotrtams for respective frequency bands of the 
frequency domain signal by mantissa parts and exponent 
parts; each of the exponent parts is a scale factor of each 
of the frequency spectrums for the respective frequency 
bands; the third step calculates the psychoacoustic model 
information based on dequantized frequency spectrums for 
the respective frequency bands generated by dequantizing 
the first audio stream information; and the fourth step 
converts the first audio stream information into the second 
audio stream information having a bit rate lower' than the 
first audio stream information by reallocating, based on 
the psychoacoustic model information^ the number of bits 
allocated to the mantissa parts. 

In one embodiment of the invention / when performing 
downmix processing so . as to reduce the ntimber of channels 
of the second audio stream to less than the number of channels 
of the first audio streeun, the third step calculates the 
psychoacoustic model information based on dequantized 
frequency spectrums for the respective frequency bands on 
which downmix processing has been performed* 

According to still another aspect of the present 
invention, there Is provided a program for causing a computer 
to execute coding processing which includes: a first step 
of decoding a first stream signal in which a first video 
stream including a first video stream information generated 
by coding a first video signal and a first audio streeim 
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including a first audio stream information generated by 
coding a first audio signal are multiplexed: and a second 
step of generating, based on the decoded first stream signal, 
a second video stream including a second video stream 
information having a bit rate lower than the first video 
stream Information and a second audio stream including a 
second audio stream information having a bit rate lower than 
the first audio stream information, and multiplexing the 
second video stream and the second audio stream to generate 
a second stream signal^ wherein the first audio stream 
information is obtained by performing a time- frequency 
conversion on the first audio signal into a frequency domain 
signal to quantize the frequency domain signal, and the 
second step includes t a third step- of calculating 
psychoacoustic model information indicating frequency 
bands of the first audio signal masked by auditory 
characteristics; and a fourth step of converting, based on 
the psychoacoustic model information, the first audio stream 
information into the second audio stream information having 
a bit rate lower than the first audio stream information 
to generate the second audio stream. 

In one embodiment of the invention, the quantization 
of the frequency domain signal is performed to indicate 
frequency spectrums for respective frequency bands of the 
frequency domain signal by mantissa parts and exponent 
parts; each of the exponent parts is a scale factor of each 
of the frec[uency spectrums for the respective frequency 
bands; the third step calculates the psychoacoustic model 
information based on the scale factors of the frequency 
spectrums for the respective frequency bands included in 
quantized information; and the foiurth step converts the 
first audio stream information into the second audio stream 
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information having a bit rate lower than the first audio 
stream information by reallocating, based on the 
psychoacoustic model information, the number of bits 
allocated to the mantissa parts. 

In one embodiment of the invention, the quantization 
of the frequency domain signal is performed to indicate 
frequency spectrums for respective frequency bands of the 
frequency domain signal by mantissa parts and exponent 
parts; each of the exponent parts is a scale factor of each 
of the frequency spectrums for the respective frequency 
bands; the third step calculates the psyohoacoustio model 
information based on dequantized frequency spectrums for 
the respective frequency bands generated by dequantizlng 
the first audio stream information; and the fourth step 
converts the first audio stream information into the second 
audio stream information having a bit rate lower than the 
first audio stream information by reallocating^ based on 
the psyohoacoustic model information, the number of bits 
allocated to the mantissa parts. 

In one embodiment of the invention, when performing 
downmix processing so as to reduce the number of channels 
of the second audio stream to less than the number of channels 
of the first audio stream, the third step calculates the 
psychoacoustic model information based on dequantized 
frequency spectrums for the respective frequency bands on 
which downmix processing has been performed. 

In still another aspect of the present invention, 
there is provided a computer-readable recording medixam 
having a program for causing a computer to execute coding 
processing thereon, in which the coding processing includes : 
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a first step of decoding a first stream signal in which a 
first video streaim including a first video stream 
information generated by coding a first video signal and 
a first audio stream including a first audio stream 
information generated by coding a first audio signal are 
multiplexed: and a second step of generating, based on the 
decoded first stream signal, a second video stream including 
a second video stream information having a bit rate lower 
than the first video stream information and a second audio 
stream including a second audio stream information having 
a bit rate lower than the first audio stream information, 
and multiplexing the second video stream and the second audio 
stream to generate a second stream signal ^ wherein the first 
audio stream information is obtained *by performing a 
time -frequency conversion on the first audio signal into 
a frequency domain signal to quantize the frequency domain 
signal, and the second step includes: a third step of 
calculating psychoacouetlc model information indicating 
frequency bands of the first audio signal masked by auditory 
characteristics? and a fourth step of converting, based on 
the psychoacous tic model information, the first audio stream 
information into the second audio stream information having 
a bit rate lower than the. first audio stream information 
to generate the second audio stream. 

In one embodiment of the invention, the quantization 
of the frequency domain signal is performed to indicate 
frequency spectrums for respective frequency bands of the 
frequency domain signal by mantissa parts and exponent 
parts; each of the exponent parts is a scale factor of each 
of the frequency spectrums for the respective frequency 
bands; the third step calculates the paychoacoustic model 
information based on the scale factors of the frequency 
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spectrum^ for the respective frequency bands included ±n 
quantized Information; and the fourth step converts the 
first audio stream information into the second audio stream 
information having a bit rate lower than the first audio 
stream information by reallocating, based on the 
psychoacoustic model information, the number of bite 
allocated to the mantissa parts* 

In one embodiment of the invention, the quantization 
of the frequency domain signal is performed to indicate 
frequency spec t rums for respective frequency bands of the 
frequency domain signal by mantissa parts and exponent 
parts; each of the exponent parts is a scale factor of each 
of the frequency speotrums for the respective frequency 
bands? the third step calculates the psychoacoustic model 
information based on dequantlzed frequency spectrums for 
the respective frequency bands generated by dequanti^ing 
the first audio streeun information; and the fourth step 
converts the first audio stream Information into the second 
audio streeun information having a bit rate lower than the 
first audio stream information by reallocating, based on 
the psychoacoustic model information, the number of bits 
allocated to the mantissa parts • 

In one embodiment of the invention, when performing 
downmix processing so as to reduce the number of channels 
of the second audio stream to less than the number of channels 
of the first audio stream, the third step calculates the 
psychoacoustic model information based on dequantized 
frequency spectrms for the respective frequency bands on 
which downmix processing has been performed. 

Thus, the invention described herein makes possible 
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the aavanteges of providing: a device and a method for coding 
a signal euch thst information included in the coded signal 
can be recorded on a recording medium with a quantity of 
information which is less than that of the information at 
the time o£ transmission, a program for realizing suoh coding 
processing, and a recording medium having suoh a program 
recorded thereon. 

These and other advantages of the present invention 
will become apparent to those skilled in the art upon reading 
and understanding the following detailed description with 
reference to the accompanying figures- 

BRIEF DESCRIPTION OF THE DRAWINGS 

Figure 1 is a diagram illustrating a coding device 
according to Example 1 of the present invention. 

Figure 2 is a diagram illustrating an audio decoder 
and a re-encoder of the coding device according to Example 1 
of the present invention. 

Figure 3 is a diagram illustrating another coding 
device according to Example 1 of the present invention. 

Figure 4 is a diagram illustrating a coding device 
according to Example 2 of the present invention. 

Figure 5A is a graph for illustrating a calculation 
procedure of a psychoacoustic model calculation section 
according to Examples 2 to 4 of the present invention. 

Figure 5B is a graph for illustrating the 
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calculation procedure of the psychoaoo'ustlc model 
calculation section according to Examples 2 to 4 of the 
present invention. 

Figure 5C is a graph for illustrating the 
calculation procedure of the psychoacoustic model 
calculation section according to Examples 2 to 4 of the 
present invention. 

Figure 5D is a graph for illustrating the 

calculation procedure of the psychoacoustic model 

calculation section according to Examples 2 to 4 of the 
present invention. 

Figure 6 is a diagram illustrating a coding device 
according to Example 3 of the present invention. 

Figure 7 is a diagram illustrating a coding device 
according to Example 4 of the present invention. 

Figure 8 is a diagram illustrating a computer for 
performing coding processing according to the present 
invention* 

Figure 9 is a diagram illustrating a structure of 
a program stream. 

Figure 10 is a diagram illustrating a structure of 
a transport stream. 

Figure 11 is a flowchart illustrating an operation 
of a coding device 1000 according to the present invention. 
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Figure 12 is a flowchart illustrating coding 
processing of the audio encoder 402. 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 

(Example 1) 

Figure 1 illustrates a coding device 1000 according 
to Example 1 of the present invention. 

The coding device 1000 includes: a first receiving 
section 101 for receiving a coded stream signal 120 supplied 
by digital satellite broadcasting, an optical disc, etc*; 
a decoder 106 for decoding the stream signal 120 received 
by the first receiving section 101 to generate a syptem 
information signal 121, a video signal 127, and an audio 
signal 126? a re-encoder 102 for coding the system 
information signal 121, the video signal 127, and the audio 
signal 126 to a stream signal 122 including video and audio 
information (i.e. video and audio stream information) having 
a bit rate lower than video and audio Inf onnation included 
in the stream signal 120; a recording/reproducing 
section 104 for recording video, audio and system 
information included in the stream signal 122 on a recording 
medium 107 which is an optical disc, etc. ; a second receiving 
section 103 for receiving a radio signal 125 from a remote 
control 108, etc. and outputting a reception signal 124; 
a bus 109 for carrying signals for sending and receiving 
the signals; and a control section 105 for controlling 
signal processing in the coding device 1000. 

The stream signal 120 is, for example, a transport 
stream (TS) signal sent from a transmission medium such as 
digital satellite broadcasting or the like, a program stream 
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(PS) signal read from a recording medium, or the like. An 
example of a structure of the TS signal is illustrated in 
Figure 9^ and an example of a structure o£ the PS signal 
is illustrated in Figure 10. 

Referring to Figure 9, the PS signal irialudes a 
plurality of packs 901 each including a pack header 911, 
a system header 912, and PES (packetized elementary streeim) 
packets 913. The pack header 911 includes a start code of 
the pack, SCR (system clock reference), etc. as system 
information • The system header 912 Includes information on 
a bit rate and a buffer size of each elementary stream, etc. 
as system information* Each PES packet 913 includes a video 
elementary stream 922 indicating video information or an 
audio elementary stream 923 Indicating audio information. 
A PBS packet header 921 is added to each of video and audio 
elementary streams 922 and 923. The PES packet header 921 
includes a code for identifying the elementary stream, a 
packet size, a PTS (presentation time stamp) and a DTS 
(decoding time stamp) which are time stamps, information 
on the number of chemnels, etc. as system information 
indicating information specific to a coded signal. 

Referring to Figure 10, the TS signal includes a 
plurality of TS packets 951. Bach TS packet 951 includes 
at least one of an adaptation field 962 and 963 and a pay 
load 962' and 963'. The adaptation field 962 and 963 
includes a PGR (program clock reference), which is a time 
stamp, as system information. Each of the pay 
loads 962 ' and 963 ' are either of video or audio information 
and correspond to the video or audio elementary stream. A 
packet header 961 is added to each of the adaptation 
field 962 and 963 and the pay load 962' and 963'. The 
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packet header 961 iuoluaes a packet identifier, flag 
information, information on the nximber of channels, and a 
bit rate as system information. 

Referring to Figure 1, in the coding device 1000, 
as a recording mode for recording information on the 
recording medltam 107, a standard mode or a long mode can 
be selected. The long mode allows Information to be recorded 
for a longer period of time In comparison to the standard 
mode. An instruction on which mode is to be used for 
recording is given to the second receiving section 103 by, 
for example, the remote control 108. The control 
section 105 receives the reception signal 124 output from 
the second receiving section 103 and determines whether a 
recording is made in the standard mode or in the long mode. 

When a recording is made in the standard mode, the 
stream signal 120 received by the first receiving 
section loi is output directly to the recording/reproducing 
section 120 via the bus 109, and video, audio and system 
information included in the stream signal 120 is recorded 
on the recording medium 107 by a laser beam 130. 

When a recording is made in the long mode, the stream 
signal 120 received by the first receiving section 101 is 
output to the decoder 106, 

The respective structures of the decoder 106, the 
audio decoder 145 and the audio encoder 142, and an 
operation of the coding device 1000 according to Bxeunple 1 
will be described below with reference to Figures 1, 2 and 
11. 
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Figure I is a diagram illustrating the coding 
device 1000, Figure 2 Is a diagram Illustrating the audio 
decoder 145 and the audio encoder 142 of the coding 
device 1000, and Figure 11 is a flowchart illustrating an 
operation of a coding device lOOO. 

Referring to Figure 1, the decoder 106 includes a 
system decodex: 144^ an audio decodec 145 and a video 
decoder 146. The stream signal 120 is first Input to the 
system decoder 144. The input stream signal 120 is 
separated into a video elementary stream 128, an audio 
elementary stream 129, and a system information stream by 
a demultiplexer (not ahown) provided In the system 
decoder 144, The system decoder 144 decodes the system 
information stream to generate the system information 
signal 121 . The video elementary stream 128 is input to the 
video decoder 146 . The video decoder 146 decodes the video 
elementary stream 128 to generate a video signal 127 (SlOl 
of Figure 11) . Signal processing in the system decoder 144 
and the video decoder 146 is performed using a technique 
well-known among those skilled in the art , and thus the 
description thereof is omitted here. The audio elementary 
stream 129 Is Input to the audio decoder 145. The audio 
decoder 145 decodes the audio elementary stream 129 to 
generate an audio signal 126 {S102 of Figure 11), 

Decoding processing In the audio decoder 145 will 
be described below with reference to Figure 2» 

Referring to Figure 2, the audio decoder 145 
includes a stream Input section 201, a stream analysis 
section 202, a memory section 203, a dequantlzatlon 
section 208, a frequency-time conversion section 211, and 
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a time domain downmix section 212. 

The audio elementary stream .129 is input to the 
stream input section 201. The stream input section 201 may 
function as a buffer. The stream Input section 201 outputs 
the audio elementary stream 129 as an input stream 
signal 221 including audio information. The input stream 
signal 221 is produced by converting a time series signal 
Into a frequency domain signal, and then quantizing the 
frequency domain signal into a mantissa part and a scale 
factor to generate a plurality of quantization signals, and 
coding the plurality of quantization signals. 

More particularly, the input streaim signal 221 
includes stream information obtained by performing a 
time -frequency conversion on an audio signal Into a 
frequency domain signal to quantize the frequency domain 
signal. The quantization of the frequency domain signal is 
performed to indicate frequency spectrums for respective 
frequency bands of the frequency domain signal by mantissa 
parts and exponent parts. Each of the exponent parts is a 
scale factor of each of the frequency spectrums for the 
respective frequency bands* The term "frequency band" 
described herein refers to a scale factor band, a subband, 
or the like, which is a section of frequency data 
corresponding to a scale factor. 

The stream emalysis section 202 analyzes and 
decodes the input stream signal 221 output from the stream 
input section 201 to generate a stream information 
signal 222. The stream information signal 222 Includes 
quantized Information such as scale factor information 
indicating information on an exponent part of a frequency 
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spectrum, information on a mantissa part of the frequency 
epectruxn^ bit allocation Information indicating the nxiznber 
of bits allocated to the mantissa part, and the like- The 
stream information signal 222 stored in the memory 
section 203. The dequantization section 208 reads the 
stream information signal 222 from the memory section 203 
and dequantizes it to generate a spectrum signal 223 in the 
form sorted by channels, each channel being further sorted 
by frequency bands. The frequency*- time conversion 
section 211 converts the spectrum signal 223 into a time 
axis data signal 224. 

When the number of channels is different between the 
input stream signal 221 and the output stream signal 228, 
doWnmix processing is performed. In such a case, the time 
domain downmix section 212 determines the number of channels 
based on a control signal 123 from the control section 105. 
The time domain downmix section 212 performs downmix 
processing on the time axis data signal 224 such that the 
number of channels of the time axis data signal 224 is the 
same as the number of channels of the output stre€im 
signal 228. The time axis data signal 224 is converted into 
a time domain signal 225 by downmix processing. The time 
domain signal 225 is output as an audio signal 126 to the 
re -encoder 102. 

When the number of channels of the input stream 
signal 221 is the same as the number of channels of the output 
stream signal 228, downmix processing is not performed and 
the time axis data signal 224 is output as an audio 
signal 126 to the re-encoder 102, 

Referring to Figure 1, the re-encoder 102 includes 
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a system encoder 141, an audio encoder 142; and a video 
encoder 143. The system information signal 121 is input to 
the system encoder 141, The audio signal 126 is input to 
the audio encoder 142. The video signal 127 Is input to the 
video encoder 143* 

The system encoder 141 re-creates the system 
information signal 121 depending on a bit rate, information 
on the number of channels, information on time^ etc. which 
are changed in the decoder 106 and the re-encoder 102 • The 
video encoder 143 performs coding processing on the video 
signal 127 using a well*known video compression technique 
such as MPEG (Moving Picture Experts Group) standards to 
generate a video elementary stream 151 including video 
information having a bit rate indicated by the control 
signal 123 (S103 Of Figure 11), The bit rate indicated by 
the control signal 123 is lower than that of the video 
elementary stream 128, By performing coding processing on 
the video signal 127 so as to achieve the lower bit rate, 
compressed video information is generated* The video 
elementary stream 151 is output to the system encoder 141. 
Signal processing in the system encoder 141 and the video 
encoder 143 is performed using a technique well-Jcnown among 
those skilled in the art, and thus the description thereof 
is omitted here. 

Referring to Figure 2, coding processing of the 
audio encoder 142 is described- The audio encoder 142 
includes a time -frequency conversion section 213, a 
quantization section 214, and a coding section 205. The 
time -frequency conversion section 213 receives the time 
axis data signal 224 or the time domain signal 225 as the 
audio signal 126 and converts it into a spectrum signal 226 . 
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The c[uantlzation section 214 quantizes the spectrum 
signal 226 to generate a quantization signal 227. Ttie 
coding section 205 re-encodes the quantization signal 227 
so that the quantization, signal 227 has a bit rate indicated 
by the control signal from the control section 105 . The bit 
rate indicated by the control signal 123 is lower than that 
of the audio elementary stream 129, By re-encoding the 
quantization signal 227 so as to achieve the lower bit rate, 
an output stream signal 228 including audio information 
having a low bit rate is generated (S104 of Figure 11) . The 
output stream signal 228 is output as an audio elementary 
stream 150 to the system encoder 141. 

Referring to Figure 1, the audio elementary 
stream 150^ the video elementary stream 151, and the system 
infojnnation signal are combined by a multiplexer (not shown] 
included in the system encoder 141 to be a stream signal 122 
(S105 of Figure 11)- . The stream signal 122 may be 
structured in the format of the program stream or the 
transport stream described above with reference to Figures 9 
and 10, 

The stream signal 122 is output to the 
recording/ reproducing section 104 via the bus 109, and 
video ^ audio and system information included in the stream 
signal 122 is recorded on the recording medivun 107 by the 
laser beam 130. 

The recording/reproducing section 104 receives the 
laser beam 130 reflected by the recording medium 107 and 
converts it^ into the stream signal 120 (or the stream 
signal 122) to reproduce the video, audio and Bystem 
Information recorded on the recording medium 107 • The 
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decoder 106 decodes the stream signal 120 (or the stream 
signal 122) output from the recording/reproducing 
section 104 to generate an audio signal 126 and a video 
signal 127. The audio signal 126 and the video signal 127 
are output to external equipment <not shown) and converted 
into an analog signal by a D/A converter (not shown) and 
then output to a display (not shown) and speakers (not 
shown } . 

According to the present invention, the decoder 106 
and the re-encoder 102 may be integrated. In such a case, 
for example^ the decoder 106 and the re-encoder 102 are 
mounted on the same substrate. 

Alternatively, as in the case of a coding 
device 1001 illustrated in Figure 3, a decoder 106' may be 
provided in the re-encoder 102 in addition to the 
decoder 106. The decoder 106' includes a system decoder, 
an audio decoder, and a video decoder and decodes the stream 
signal 120 to generate the video signal 127, the audio 
signal 126 and the system information signal 121. The 
video signal 127, the audic laignal 126 and the system 
information signal 121 generated by the decoder 106' are 
input to the video encoder 143, the audio encoder. 142, and 
the system encoder 141, respectively. The stream 
signal 122 ±s generated by performing signal processing in 
the same manner as described above with respect to the 
re-encoder 102. The decoder 106 of the coding device 1001 
decodes the stream signal 120 or the stream signal 122 
output from the recording/ reproducing device 104 and 
outputs an audio signal 126' and a video signal 127* to 
external equipment (not shown). 
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As described above ^ e^aaordlng to Example 1 of the 
present Invention, it is possible to reduce the quantity 
of information to be recorded on the recording medium 107 
by lowering a bit rate of audio information included in the 
stream signal 120 . Therefore, as compared to the case where 
the information included in the stream signal 120 is 
recorded in the recording medium 107 as it is, information 
corresponding to a longer period of time can be recorded 
in the recording medium 107. 

Moreover, by lowering the bit rates of both the video 
Information and the audio information included in the stream 
signal 120^ it is possible to reduce the quantity of 
information to be recorded on the recording medium 107 in 
conjparieon to the case, where only a bit rate of the video 
information is lowered. Therefore^ information 

corresponding to a longer period of time can be recorded 
in the recording medium 107 in comparison to the case where 
only the bit rate of the video information is lowered. 

Moreover, in addition to lowering the bit rate of 
the audio information, by performing downmix processing to 
an audio signal generated by decoding, the quantity of 
information included in the audio signal can be further 
reduced^ thereby allowing information corresponding to a 
longer period of time to be recorded on the recording 
medium 107 • 

(Example 2) 

Example 2 of the present invention will be described 
below with reference to Figures 4, 5A-5D, and 12, 

Figure 4 illustrates respective structures of a 
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decoder 401 and an audio encoder 402 according to Example 2 
of the present Invention, Figures 5A-5D are graphs for 
Illustrating a calculation procedure of a psychoacoustic 
model calculation section^ and Figure 12 is a flowchart 
illustrating coding processing of the audio encoder 402. 

Referring to Figure 4, the decoder 401 and the audio 
encoder 402 are provided in the coding device 1000 
illustrated in Figure 1 in place of the audio decoder 145 
and the audio encoder 142 illustrated in Figure 2, In 
Example 2 of the present invention, the number of channels 
of an input stream is the same as the nvimber of channels 
of an output stream • The system decoder 144 ^ the video 
decoder 146, the system encoder 141. and the video 
encoder 143 operate in a similar manner ae in Example 1, 

The audio decoder 401 includes a stream input 
section 201 and a strem analysis section 202. In a similar 
manner as in Example 1, the stream input section 201 may 
function as a buffer ► The stream input section 201 outputs 
the audio elementary stream 129 as an input stream 
signal 221 including audio information. The stream 
analysis section 202 analyzes and decodes the input stream 
signal 221 output from .the stream section 201 to generate 
a stream information signal 222. The stream information 
signal 222 includes scale factor information indicating 
information on an exponent part of a frequency spectrum, 
information on a mantissa part of the frequency spectrum, 
bit allocation information indicating the number of bits 
allocated to the mantissa part , etc . The stream information 
signal 222 is output as the audio signal 126 (Figure 1) to 
the audio encoder 402. 
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Referring to Figvire 4 , coding processing performed 
by the audio encoder 402 will be described. The audio 
encoder 402 includes a memory section 403, apsychoacoustic 
model calculation section 404 and a coding section 405. 
The stream information signal 222 input as the audio 
signal 126 to the audio encoder 402 Is stored in the memory 
section 403. 

The psychoacoustlc model calculation section 404 
reads the stream information signal 222 from the memory 
section 403 and calculates a psychoacoustic model using an 
audio signal included in the stream information signal 222. 
In general, the psychoacoustic model is calculated using 
the frequency spectrum information . However, In Example 2 , 
the psychoacoustic model is calculated using the scale 
factor information instead of using the frequency speotriam 
information (S201 and S202 of Figure 12) . By using the scale 
factor information for calculating the psychoacoustic models 
it is possible to perform signal processing faster than the 
case where the frequency spectrum is used. 

Referring to Figures 5A to 5D^ a procedure for 
calculating the psychoacoustic model from the stream 
information included in an audio signal will be described. 
Figure 5A illustrates spectrum signals having levels a^, 
as , a* , as , and a^ in the respective frequency bands f i , f ^ , 
fa, and ffi. Since the levels ai, aj and ag of the 

spectrum signals are relatively high among the levels ai 
to ae of the spectrum signals, an audibility masking curve A 
illustrated in Figure SB is produced. The lowest audible 
thresholds of a listener generally draw a curve B 
illustrated in Figure 5C. By combining the audibility 
masking curve A and the lowest audible thresholds, an 
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overall masking curve C illustrated in Figure SD ±s produceti. 
The overall marking curve C runs through masking thresholds 
of the frequency bands fi, fa, fj, f4. fg^^andf^. The spectrum 
signals having the levels aa, a.A and a^ equal to or less than 
the overall masking curve C (i.e., equal to or less than 
the masking thresholds) are inaudible to the listener ♦ 
Therefore, even if the spectrum signals having the levels aa, 
a4 and a^ are deleted, the rest of the spectrum signals are 
auditorily the same to the listener, Accordingly, 
referring to Figure 4 , the psychoacoustic model calculation 
section 404 outputs to the coding section 405 a 
psychoacoustic model information signal 421 including 
psychoacoustic model information which indicates that it 
is sufficient to output only the spectrum^ signals a^, ag and 
as-/ 

The spectrum signals included in the psychoacoustic 
model information signal 421 is converted into a signal in 
the form indicated as: 

F*xA(a*S) 

in the psychoacoustic model calculation section 404, where 
P is mantissa part Information, S is a scale factor, x is 
a base of an exponent part , a is a constant , and A is a symbol 
of exponentiation. 

The psychoacoustic model calculation section 404 
according to Example 2 calculates, as the psychoacoustic 
model, the overall masking curve G based on values of the 
scale factors Si, S3 and S3 corresponding to the levels ai, 
aa and of the spectrum signals included. in the stream 
Information signal 222. The psychoacoustic model 
information signal 421 including such psychoacoustic model 
information is output to the coding section 405. 
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The coaing section 405 determines an allocation of 
bits to each frequency band according to the overall masking 
curve C. The allocation of bits is performed using any 
method. For example, the allocation of bits to each 
frequency are determined from SMR (spectrum to masking 
ratio) ^ which is a ratio of each spectrum signal to the 
overall masking curve and a bit rate. The coding 
section 405 estimates the number of bits of mantissa part 
information F of the spectrum signals according to the 
determined bit allocation • The bit rate designated by bit 
rate information can have any value in a range defined by 
a coding method- The coding section 405 re -encodes the 
stream information signal 222, based on the calculated 
psychoacoustic model and bit rate information indicated by 
a control signal 123 output from the control section 105 
(Figure 1), such that am average bit rate Is a designated 
bit rate, thereby generating an output stream signal 422 
(S204 of Figure 12) . The bit rate indicated by the control 
signal 123 is lower than a bit rate of the audio stream 
signal 129, By re-encoding the stream information 
signal 222 so as to have such a low bit rate, the output 
stream signal 422 including audio information having a low 
bit rate is generated as an audio stream signal 150. 

In a similar manner as in Example 1, the audio 
elementary stream 1,50, the video elementary stream 151, and 
the system information signal are combined by the 
multiplexer included in the system encoder 141 to be the 
stream signal 122. 

Referring to Figures 1 and 4, the stream signal 122 
is output to the recording/reproducing section 104 via the 
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bus 109, and the video and audio Information inclxided on 
the stream signal 122 is recorded in the recording 
mediumn 107 by the laser beam 130. 

In Example 2, signal processing such as a 
frequency-time conversion, a time- frequency conversion, 
deguantization, and quantization are not performed. 
Therefore, the frequency- time conversion section 211^ the 
time -frequency conversion section 213, the dequantlzation 
section 208, the quantization section 214, and the memory 
section 203 illustrated in Figure 2 can be omitted. The 
audio information included in the input stream signal 221 
and the audio information included in the output stream 
signal 422 are information obtained by coding a frequency 
domain signal and they only differ in bit rate. Therefore, 
temporal delay in auditory sensation and a phase shift do 
not occur between them. 

As described above, according to the audio 
decoder 401 and the audio encoder 402 of Example 2, the 
coding section 405 re -encodes the input stream information 
without performing dequantlzation processing. This 
reduces an amount of signals to be processed and a memory 
capacity required for the signal processing in comparison 
to the case where the audio decoder 145 and the audio 
encoder 142 according to Example 1 are used. Moreover, it 
is possible to generate a coded signal having a low bit rate 
which does not cause temporal delay and a phase shift. 

Example 2 of the present invention realizes the 
coding device 400 , for performing coding processing of audio 
information, which includes the audio decoder 401 and the 
audio encoder 402. The audio stream signal 129 is input to 
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the coding device 400 and is proaeeeed hy the decoder 401 
and the audio encoder 402 in the above -descrited manner. 
Thus, the output stream signal 422 including audio 
information having a bit rate lower than that of audio 
information included in the audio stream signal 129 is 
generated- The output stream signal 422 is output as the 
audio stream signal 150 from the coding device 400. 

(Example 3} 

Figure 6 illustrates respective structures of the 
audio decoder 401 and an audio encoder 602 according to 
Example 3 of the present invention. The audio decoder 401 
and the audio encoder 602 are provided in the coding 
device 1000 Illustrated in Figure 1 in place of the audio 
decoder 145 and the audio encoder 142 illustrated in 
Figure 2, In Example 3 of the present invention, the number 
of channels of an input stream is the same as the number 
of channels of an output stream. The system decoder 144, 
the video decoder 146, the system encoder 141, and the video 
encoder 143 operate in a similar manner as in Example 1. 

Referring to Figures 1 and 6, as described in 
Example 2, the audio decoder 401 outputs the stream 
information signal 222 as the audio signal 126 to the audio 
encoder 602 « 

Referring to Figures 6 and 12, coding processing 
performed by the audio encoder 602 will be described. The 
audio encoder 602 includes the memory section 403, a 
dequantization section 603, the psychoacoustic model 
calculation section 404 and the coding section 405, The 
stream information signal 222 input to the audio encoder 602 
is stored in the memory section 403. 
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The dequantlzatlon section 603 receives scale 
factor information and mantissa part information included 
in the stream information signal 222 from the memory 
section 403, and performs deguantization on the information 
so as to generate a spectrxam signal 620 for each channels 
The psychoaoougitic model calculation section 604 
calculates a psychoacoufitlc model using the spectrum 
signal 620 for each of frequency bands of the respective 
channels (S201 and S202 of Figure 12) . In Example 3 of the 
present invention, the overall masking curve C illustrated 
in Figure 5D is produced from the spectrum signal 62S0 itself . 
The psychoacoustio model produced by this procedure is even 
more precise in comparison to the psyahoacoustic model 
according to Example 2. The psychoacoustio model 
calculation section 604 outputs a psychoacoustio model 
information signal 621 including the psychoacoustio model 
information to the coding iaectlon 605 « 

The coding section 605 re**enoodes the stream 
information signal 222, based on the psychoacoustic model 
information and bit rate information indicated by the 
control signal 123, such that an average bit rate is a 
designated bit rate, thereby generating an output stream 
signal 622 (S204 of Figure 12) The bit rate indicated by 
the control signal 123 can have any value in a range defined 
by a coding method. The bit rate indicated by the control 
signal 123 is lower than a bit rate of the audio stream 
signal 129. By re-encoding the stream information 
signal 222 so as to have such a bit rate or a lower bit rate, 
the output stream signal 622 including compressed audio 
information is generated as the audio elementary stream 150 . 
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In s similar manner as ±n Example 1, the audio 
elementary stream 150, the video elementary stream 151, and 
the system information signal are combined by the 
multiplexer included in the system encoder 141 to be the 
stream signal 122 • 

Referring to Figures land 6 , the stream signal 122 
is output to the recording/reproducing section 104 via the 
bus 109, and video, audio and system information included 
in the stream signal 122 is recorded in the recording 
medium 107 by the laser beam 130. 

In the coding device 600 according to Example 3, 
signal processing such as a frequency- time conversion ^ a 
tiirie-frequenoy conversion and quantization are not 
performed* Therefore, the frequency- time conversion 
section 211, the time -frequency conversion section 213, 
the quantization section 214, and the memory section 203 
illustrated in Figure 2 can be omitted* The audio 
Information included in the input stream signal 221 and the 
audio inf ormation included in the output stream signal 622 
are obtained by coding a frequency domain signal and only 
differ in bit rate. Therefore, temporal delay in auditory 
sensation and a phase shift do not occur between them. 

As described above, according to the audio 
decoder 401 and the audio encoder 602 of Example 3, the 
coding section 605 re -encodes the input stream 
information 222 on which dequantlzation processing is not 
performed. This reduces an amount of signals to be processed 
and a required memory capacity for the signal processing 
in comparison to the case where the audio decoder 145 and 
the audio encoder 142 according to Example 1 are used. 
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Moreover/ it xs possible to generate the output streeim 
signal 622 having a low bit rate wliich fioes not csuse 
temporal delay and a phase shifts 

Example 3 of the present invention realizes the 
coding device 600 , for perf oirming coding processing of audio 
information^ which includes the audio decoder 401 and the 
audio encoder 602. The audio stream signal 129 is input to 
the coding device 600 and processed by the audio decoder 401 
and the audio encoder 602 in the above -described manner. 
Thue^ the output stream signal 622 including audio 
information having a bit rate lower than that of audio 
information included in the audio stream signal 129 is 
generated. The output stream signal 622 is output as the 
audio stream signal 150 signal from the coding device 600. 

(Example 4). 

Figure 7 illustrates respective structures of the 
audio decoder 401 and an audio encoder 702 according to 
Example 4 of the present invention. The audio decoder 401 
and the audio encoder 702 are provided in the coding 
device 1000 illustrated in Figure 1 in place of the audio 
decoder 145 and the audio encoder 142 illustrated In 
Figure 2 . In Example 4 of the present invention, the ntamber 
of channels may be different between an input stream and 
an output stream. The system decoder 144, the video 
decoder 146, the system encoder 141 and the video 
encoder 143 operate in a similar manner as in Example 1, 

As described in Example 2, the audio decoder 401 
outputs the stream information signal 222 as the audio 
signal 126 to the re-enooder 102. 
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Referring to Figures 7 and 12, oodlrig processing 
performed by th© audio encoder 702 will be described. The 
audio encoder 702 includes the memory section 403, a 
dequantization section 703, a psychoacoustic model 
calculation section 704 and a coding section 705. The 
stream information signal 222 input to the audio encoder 702 
is stored in the memory section 403. 

The dequantization section 703 receives scale 
factor information and mantissa part information included 
in the stream information signal 222 from the memory 
section 403 and performs dequantization to the information 
so as to generate a spectrum signal 720 for each channel, 

A downmix section 706 downmixes the spectrum 
signal 720 generated by the dequantization section 703 such 
that the number of channels of the spectrum signal 720 is 
reduced to the number of output channels indicated by the 
control signal 123* Here, an input stream is formed of, for 
example, five channels of L, R , C, SL and SR, and an output 
stream is formed of ^ for example, two channels of L and R. 
In this case, downmix processing can be represented by the 
following expressions ( 1 ) and < 2 ) : 

L = p(L -f- CMIX*C + SMIX*SL) expression (1) 

R = P{R + CMIX*C + SMIX*SR) • expression (2) 

Here, P is a normalizing coefficient, which is 
required to be set to a value so as not to cause L and R 
to overflow . CMIX and SMIX are arbitrary coefficients . The 
expressions used for the downmix processing are not limited 
to the expressions (1) and (2) . The downmix processing may 
be performed using expressions other than these expressions . 
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After downmixing the frequency spectrum of the input 
stream so as to have the same number of channels as the number 
of the output channel of the frequency spectriom In the 
above "descrltoed manner, the psyohoacoustic model 
calculation section 704 calculates the psychoaooustic 
model using a downmlxed spectrum signal 722 for each 
frequency band {S201 and S203 of Figure 12). The 
psyohoacoustic model calculation section 704 produces the 
overall masking curve C illustrated in Figure 5D from the 
spectrum signal 722 itself • The psyohoacoustic model 
produced by this procedure is even more precise in comparison 
to the peychoacoustic model according to Example 2- The 
psychoaooustic model calculation section 704 outputs a 
psyohoacoustic model information signal 721 including the 
paychoacoustic model information to the coding section 705 . 

The coding section 70S re-encodes the stream 
information signal 222, based on the psyohoacoustic model 
information and bit rate information indicated by the 
control signal 123, such that an average bit rate is a 
designated bit rate, thereby generating an output stream 
signal 723 (S204 of Figure 12) • The bit rate indicated by 
the control signal 123 can have any value in a remge defined 
by a coding method. The bit rate indicated by the control 
signal 123- is lower than a bit rate of the audio stream 
signal 129. By re-encoding the stream Information 
signal 222 so as to have such a bit rate or a lower bit rate, 
the output stream signal 723 including compressed audio 
information is generated as the audio streaim signal 150, 

In a similar manner as in Example 1 , the audio 
elementary stream 150, the video elementary stream 151, and 
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the system information - signal are combined by the 
multiplexer included in the system encoder 141 to be the 
stream .signal 122. 

Referring to Figures land 7^ the stream signal 122 
is output to the recording/reproducing section 104 via the 
bus 109, and the video^ audio and system information 
included in the stream signal 122 is recorded on the 
recording medium 107 by the laser beam 130 • 

In the coding device 700 according to Example 4, 
signal processing such as a frequency -time conversion, a 
time -frequency conversion and quantization are not 
performed . Therefore , the frequency- time conversion 
section 211, the time -frequency conversion section 213, 
the quantization section 214 , and the memory section 203 
illustrated in Figure 2 can be omitted. The audio 
information included in the input stream signal 221 and the 
audio information included in the output stream signal 723 
are obtained by coding a frequency domain signal and only 
differ in bit rate. Therefore, temporal delay in auditory 
sensation and a phase shift do not occur between them* 

As described above, according to the audio 
decoder 401 and the audio encoder 702 of Example 4, the 
coding section 705 re-encodes the spectrum signal 722 
output from the downmix section 706 . This reduces an amount 
of signals to be processed and a required memory capacity 
for the signal processing in comparison to the case where 
the audio decoder 145 and the audio encoder 142 according 
to Example 1 are used- Moreover, it is possible to generate 
the output stream signal 723 having the decreased number 
of channels and a low bit rate which does not cause temporal 
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delay and a phase shift • 

Example A of the present invention realizes the 
coding device 700 , for performing coding processing of audio 
information, which includes the audio decoder 401 and the 
audio encoder 702. The audio stream signal 129 is input to 
the coding device 700 and processed by the audio decoder 401 
and the audio encoder 702 in the above-described manner. 
Thus, the output stream signal 723 including audio 
information having a bit rate lower than that of audio 
information included in the audio stream signal 129 Is 
generated; The output stream signal 723 is output as the 
audio stream signal 150 from the coding device 700, 

The above-described coding processing according to 
Examples 1 to 4 of the present invention may be recorded 
on a recording medium in the form of a program* As the 
recording mediixm, any type of computer -readable recording 
medium such as a floppy disc or CD-ROM can be used. By 
installing the coding processing program which is read from 
the recording medium in any computer which can input and 
output a digital signal such as a stream signal, the computer 
can be caused to function as a coding processing device. 
In this case^ coding processing may be executed by a coding 
processing means which is incorporated in or connected to 
the computer. A computer may execute at least a part of the 
coding processing on software. 

Figure 8 illustrates one example of a computer which 
executes such coding processing. A computer 90 includes a 
CPU 91, a disc drive device .92 for reading a program for 
causing the computer 90 to execute the coding processing 
stored in a recording disc 96, a memory 93 for storing the 
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pxrogram read the dij^c drive device 92, an input /output 
Bection S4 for Inputting/ outputting a stream signal 97 
generated by coding the stream signal 120 and ' the audio 
stream signal 129, and a bus 95* In the computer 90, the 
coding processing according to Examples 1 to 4 are executed 
by the CPU 91 and the memory 93 . The memory 93 may be a hard 
disc or the like. The stream signal 97 generated by the 
computer 90 may be stored in the memory 93 or may be recorded 
in a recording medium installed on the disc drive device 92. 

The. program may be provided by a recording medium 
such as the recording disc 96 or may be provided by data 
distribution via the Internet, etc* 

According to the present invention^ a video signal 
and an audio signal generated by decoding a stream signal 
is coded to generate a coded signal including video and audio 
information having a bit rate lower than video and audio 
information included in the stream signal. By lowering the 
bit rates of the video signal and the audio signal, it is 
possible to reduce the quantity of information to be recorded 
in a recording medium in comparison to the case where only 
a bit rate of the video information is lowered. Therefore, 
information corresponding to a longer period of time can 
be recorded on the recording medium in comparison to the 
case where only the bit rate of the video information is 
lowered. 

According to the present invention, a stream 
information signal generated by decoding a stream signal 
lis coded based on a psychoacoustic model, thereby generating 
a coded signal including audio information having a bit rate 
lower than audio information included in the stream signal. 
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In this case^ the coded signal is generated by re -encoding 
the stream information signal without performing processing 
such as a frequency- time conversion processing, a time- 
frequency conversion, dequantization, and quantization. 
In this manner, in addition to lowering the bit rate of the 
audio information, by directly coding the stream information 
signal without converting an input stream signal into a time 
domain signal and re-encoding the converted signal, an 
amount of signals to be processed and a memory capacity 
required for the coding processing are reduced. Therefore, 
a larger amount of content or audio information for a greater 
number of programs can be recorded on a recording medium 
with a fixed recording capacity. The audio information 
included in the input stream signal and the audio information 
included in the output stream signal are obtained by coding 
a frequency domain signal and only differ in bit rate, and 
thus temporal delay in auditory sensation and a phase shift 
do not occur between them* Accordingly, it is possible to 
generate an output stream signal having a low bit rate which 
does not cause temporal delay and a phase shift. 

According to the present invention, a 
psychoacoustic model is calculated using a spectrxmi signal 
generated by dequantizing a stream information signal, which 
is generated by decoding a stream signal. The stream 
information signal is coded based on the calculated 
psychoacoustic model to generate a coded signal including 
audio information having a bit rate lower than audio 
information included in the stream signal. In this manner, 
in addition to lowering the bit rate of the audio information, 
by calculating the psychoacoustic model using the 
dequantized spectrum signal, a psychoacoustic model which 
is highly precise can be obtained- Moreover, a coded signal 
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is generated by re-encoOlng an input stream information 
without performing processing such as a frequency- time 
conversion, a time -frequency conversion, and quantization. 
This reduces an amount of signals to bQ processed and a memory 
capacity required for the coding processing. 

According to the present invention, a stream 
information signal generated by decoding a stream signal 
is deguantized and downmixed to generate a spectrum signal, 
A psychoaqoustic model is calculated using the generated 
spectrum signal. The streaim information signal is coded 
based on the calculated peychoacoustic model to generate 
a coded signal including audio Information having a bit rate 
lower than audio information included in the stream signal. 
In .this manner^ in addition to lowering the bit rate of the 
audio information^, by downmixing the stream information 
signal, the quantity of information included in the coded 
signal can be reduced. 

Various other modifications will be apparent to and 
can be readily made by those skilled in the art without 
departing from the scope and spirit of this invention . 
Accordingly, it is not Intended that the scope of the claims 
appended hereto be limited to the description as set forth 
herein, but rather that the claims be broadly construed. 



